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(54) Very low IF receiver circuit and method 

(57) Apparatus 20,30,50,60 for receiving a carrier 
signal modulated by a wanted signal, the modulated car- 
rier signal occupying one of a plurality of channels 
whose central frequencies are separated from one an- 
other by a fixed frequency referred to as the channel 
spacing, the apparatus including a local oscillator 28 for 



generating first and second signals at a frequenc y whic h 
js_not anjntegral multiple of half the ch annel spac ing 
whereby when the received carrier signal is mixed with 
the first and second signals, a complex, digital Very Low 
Intermediate Frequency (VLIF) signal is generated in 
which the wanted signal is centred about a VLIF which 
is slightly larger than half the channel spacing. 
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Description 

Field of the Invention 

s [0001] The present invention relates to a method and apparatus for receiving a signal, and in particular to a radio 
receiver, for use in a portable communications device, in which the radio signal to be received is directly down converted 
to In-phase (I) and Quadrature-phase (Q) signals centred around an Intermediate Frequenc y (IF) which i s of the same 
order of magnitude as the bandwidth of the signal to be received . 

10 Background of the Invention 

[0002] Most conventional radio receivers for use in portable communication devices such as cellular telephones, are 
of the super-heterodyne type in which a radio signal to be received is first down-converted to an intermediate frequency 
(which is still in the radio-frequency (rf) range) and then further down-converted to a base-band signal (having both t 

15 and Q components) from which the information contained in the signal may be recovered. Such a receiver is robust. 
However, direct conversion receivers and, more recently, very low IF receivers have been proposed in order to reduce 
costs by eliminating both a relatively high performance, and therefore expensive, Surface Acoustic Wave (SAW) band- 
pass filter (for allowing the wanted IF signal to pass while blocking ail unwanted IF signals in neighbouring channels) 
and one of the two rf local oscillators required in super-heterodyne receivers. 

20 [0003] Direct conversion receivers immediately down convert the received radio signal to a base-band signal thus 
completely eliminating the IF stage. However, such receivers suffer from the formation of a very large unwanted dc 
component interfering with the base-band signal. This dc component is formed largely by leakage from the local os- 
cillator being received at the receiver aerial together with the wanted signal, and also by offsets of the amplifiers and 
mixers in the receivers. 

25 [0004] In order to overcome this problem, a very low IF receiver has been proposed in which the received signal is 
first down-converted to be centred about an IF which is equal to half the channel spacing (i.e. half the bandwidth of 
the wanted signal), and then it is down-converted again to base-band. In this way, the dc component which is still 
formed when the first down-conversion takes place, is located (in frequency) at the very edge of the wanted signal. 
From here, the unwanted dc component should be able to be relatively easily removed by suitable filtering of the dc 

30 component, without losing (very much) information contained in the wanted signal because of the dc component's 
location at the very edge of the wanted signal. 

[0005] Thq ^hnico of exactlvJ ial f of the channel sp acing is convenient because a suitable frequency for producing 
such an IF signal (the suitable frequency being the central frequency of the wanted channel plus or minus the wanted 
IF signal (i.e. half the channel spacing)) may be generated by an oscillator, operating at half the channel spacing, used 
35 in conjunction with a phase locked loop to generate multiples of half of the channel spacing. 

Summary of the Invention 

[0006] According to a first aspect of the present invention, there is provided apparatus for receiving a carrier signal 
4 o modulated by a wanted signal, the modulated carrier signal occupying one of a plurality of channels whose central 
frequencies are separated from one another by a fixed frequency referred to as th e channel s pacing, the apparatus 
including a local oscillator for generating first and second signals at a frequency which is not an integra l multiplo nf half 
the channel spacin g whereby when the received carrier signal is mixed with the first and second signals, a complex, 
digital Very Low Intermediate Frequency (VLIF) signal is generated in which the wanted signal is centred about a VLIF 
45 which is slightly larger than half the channel spacing. 

[0007] Preferably, the VLIF about which the wanted signal is centred is between 10 and 20 p er cent larger than half 
the channel spacing. Such a choice of IF is particularly advantageous for complex modulation schemes in which each 
symbol represents two or more bits, as will be required for the evolving standard known as EDGE (Enhanced Data- 
rate GSM Evolution), and corresponding standards in the US, as with these modulation schemes, it has been surpris- 
50 ingly discovered by the present inventors that significant information is contained in the edge portions of the signal (i. 
e. up to plus and minus half the channel spacing from the centre of the signal), the toss of which can give rise to an 
unacceptably large bit or block error rate. An example of a complex modulation scheme in which significant information 
is contained at the very edge of the channel is 8QPSK (8-position Quadrature Phase Shift Keying) where each symbol 
represents 3 bits. 

55 [0008] Preferably, the local oscillator is a fractional-N phase locked loop (fracNpll). Preferably, the fracNpIl is a multi- 
accumulator fracNpll. 

[0009] Preferably, the apparatus further comprises a complex multiplier for down-converting the wanted signal from 
being centred about a VLIF to a base-band signal while substantially removing any unwanted image signals. Preferably, 
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the complex multiplier includes adjustment means for adjusting either or both of the phase or gain of one of the In- 
phase and Quadrature-phase signals relative to the other. In relatively simple cases, it may be advantageous to use 
first-order adjustment means. However, in some cases it may be advantageous to use higher-order adjustment means. 
[0010] The adjustment means is particularly advantageous in the present invention because it helps to overcome a 

5 previously perceived difficulty associated with using a VLIF which is larger than half the channel spacing. The drawback 
is that as the VLIF is increased, so the band-width of the analogue to digital converter (adc) must be increased, and 
this in turn increases the amount of the negative alternate channel which is admitted by the adc; it also thus increases 
the amount of this negative alternate channel which, as an image, appears in the bandwidth of the wanted signal and 
which must be removed by the complex multiplier. By providing first or even second-order phase and gain adjustment 

io means, it is possible to set the image rejection to zero (i.e. such that the amount of image components appearing in 
the base-band signal as noise after passing through the complex multiplier is substantially zero) for one (in the case 
of first order adjustment means) or even two or more (in the case of second or higher order adjustment means) specific 
frequencies. In this way, judicious setting of the adjustment means can minimise the effects of the negative alternate 
channel (which in many systems may in fact be much larger than either adjacent channel). 

15 [0011] Preferably, the apparatus includes an adc, which preferably takes the form of an over-sampled sigma delta 
adc, located to receive the complex IF signal and to convert it into a digital signal. 

[0012] Preferably, the apparatus is formed on an integrated circuit which advantageously includes transmission cir- 
cuitry for transmitting signals. Ideally, the apparatus and the transmission circuitry share a number of components such 
as the local oscillator. 

20 

Brief Description of the Drawings 

[0013] In order that the present invention may be better understood, an embodiment thereof will now be described 
by way of example only, with reference to the accompanying drawings in which:- 

25 

Figure 1 is a block diagram of a radio receiver in accordance with the present invention; 

Figure 2 is a diagram illustrating the signal processing performed by the radio receiver of Figure 1 using a wanted 
GMSK signal and a single negative adjacent channel GMSK signal as an example input to the receiver; 

30 

Figure 3 is a diagram illustrating the signal processing performed by the radio receiver of Figure 1 using a wanted 
GMSK signal and a single negative alternate channel GMSK signal as an example input to the receiver; 

Figure 4 is a block diagram of a first order complex balanced multiplier suitable for use in the receiver of Figure 1; 
35 and 

Figure 5 is a block diagram similar to Figure 4 showing an alternative complex balanced multiplier suitable for use 
in the receiver of Figure 1 . 

w Detailed Description of the Drawings 

[0014] Referring to Figure 1 , there is shown a Digital Very Low Intermediate Frequency (DVLIF) receiver 1 comprising 
a Radio Frequency (RF) portion 10, a Very Low Intermediate Frequency (VLIF) portion 30, and a base-band portion 
60, with an RF mixer stage 20 located between the RF portion 10 and the VLIF portion 30, and a digital VLIF mixer 

45 stage 50 located between the VLIF portion 30 and the base-band portion 60. RF portion 10 comprises an aerial 12, 
an RF band-pass receive filter 14 and an amplifier 16. RF mixer stage 20 comprises an In-phase (I) RF mixer 22, a 
Quadrature-phase (Q) RF mixer 24, a 90° RF phase shifter 26 and an RF Local Oscillator (LO) 28. VLIF portion 30 
comprises I and Q IF amplifiers 31,32, I and Q low-pass anti-aliasing filters 33,34 I and Q sigma-delta modulators 
35,36, and I and Q digital low pass filters 37,38. Digital VLIF mixer stage 50 comprises a complex balanced multiplier 

50 51 operating as a digital IF mixer, and an IF LO 52. Base-band portion 60 is shown only comprising low pass I and Q 
digital selectivity filters 61 and 62, though it will of course further comprise the digital processing elements for decoding 
the digital signals, etc. as will be understood by a person skilled in the art. 

[0015] The basic operation of the receiver of Figure 1 will now be described. The aerial 12 essentially captures all 
radio signals which impinge on it and these are fed to the receive filter 14 which attempts to filter away all signals which 
55 are outside the frequency range of interest. For example, if the receiver is intended for use as a GSM receiver, the 
receive filter 14 will greatly reduce the magnitude of all radio signals received by the aerial which are not within the 
GSM frequency range of 900MHz plus or minus 10% or so. The output from receive filter 14 is then amplified by 
amplifier 16 before being input to the RF mixing stage 20. 
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[0016] At the RF mixing stage 20, the signals output from the amplifier 16 are down-converted to a VLIF. RF LO 28 
generates an RF signal whose frequency is such that the iiifference between it and the , central frequency of the chan nel 
which t he receiver is trying to re ceive is equal to th e predetermined desire d VLIF The purpose of the 90° phase shifter 
26 is to enable I and Q components of the down-converted signals to be output from the I and Q RF mixers 22,24. By 

5 generating I and Q components of the signal output by the amplifier 16. it becomes possible to consider the signal as 
a complex signal having real and imaginary components (corresponding to its I and Q components) and in this way it 
is possible to distinguish between signals having negative and positive frequencies respectively. 
[0017] The I and Q signals output by the I and Q RF mixers 22,24 respectively are input to I and Q amplifiers 31 ,32 
and I and Q low pass anti-aliasing filters 33,34 respectively. The purpose of these components is to remove aii frequency 

10 components of signals arriving at the aerial 12 which are too high (when down-converted) to belong to the signal of 
interest (which when down-converted will lie approximately between dc and the channel spacing). In practice, because 
the filters 33,34 are simple (i.e. non-complex), they will also pass the signal contained in the negative adjacent channel 
(this is the channel located adjacent to the wanted channel substantially on the other side of the frequency of the RF 
signal generated by the RF LO 28). Furthermore, because real (i.e. non-ideal) filters do not have infinitely sharp cut- 

15 off points, the filters 33,34 (to avoid distorting the wanted signal) will also allow a substantial part of both the positive 
adjacent channel (the channel located adjacent to the wanted channel on the same side of the frequency of the RF 
signal generated by the RF LO 28 as the wanted channel) and the negative alternate channel (the channel located 
next but one to the wanted channel on the other side of the frequency generated by the RF LO 28, i.e. the channel 
adjacent to the negative adjacent channel referred to above). 

20 [0018] The signals output from the filters 33,34 are then input to the I and Q sigma-delta modulators 35,36. The 
sigma-delta modulators 35,36, as will be well understood by a person skilled in the art, generate digital signals which 
correspond to the input analogue signals plus a large amount of high frequency noise. The digital signals output by 
the sigma-delta modulators 35,36 are therefore passed through digital low pass filters 37,38 whose purpose is to 
remove most of the high frequency noise generated by the sigma-delta modulators 35,36 so as to be left with a digital 

25 representation of the analog signals passed by the anti-aliasing low-pass filters 33,34 (i.e. the wanted channel, the 
negative adjacent channel and parts of the positive adjacent channel and the negative alternate channel). 
[0019] These signals are then input to the digital VLIF mixer stage 50. The primary function of this stage is to further 
down-convert the wanted signal to base-band (i.e. centred about d.c. frequency). However, in the present invention, 
it also performs the function of IQ balancing. IQ balancing means compensating the signals for variations in amplitude 

30 and phase between the I and Q components of the signals travelling through the analogue sections of the RF mixing 
stage 20 and the VLIF portion 30 which are introduced because of differences in the analogue components (or, more 
precisely, in the responses of the analogue components to the signals passing through them) in the I (22,31,33,35) 
and Q (24,32,34,36) paths respectively. If these imbalances are not compensated, it results in unwanted image com- 
ponents of signals other than the wanted signal appearing as noise in the same base-band channel as the wanted 

35 signal. The way in which this occurs is discussed in greater detail below. Note that the digital VLIF mixer stage 50 is 
shown as comprising a complex balanced multiplier 51 and an IF LO 52. The complete VLIF mixer stage 50 includes 
elements for providing the IQ balancing and these may be considered as separate from the complex balanced multiplier 
or the IF LO or they may be considered as forming a part of one or other or both of these depending on the exact 
configuration. This will be discussed in greater detail below with reference to Figures 4 and 5. 

40 [0020] The signals output from the digital VLIF mixer stage 50 are input to the I and Q digital low-pass selectivity 
filters 61,62 whose purpose is to remove all noise components outside the channel containing the wanted signal. The 
output from these filters will then typically be fed to a digital signal processor adapted to perform digital signal processing 
on the I and Q signals output by filters 61,62, such as equalisation, voice decoding etc. 

[0021] Referring to Figure 2, an example of the signal response of the receiver of Figure 1 will now be described. 

45 The first frequency spectrum diagram (Figure 2A) of Figure 2 shows a wanted signal 100 and a negative adjacent 
signal 99 centred at 900.2 MHz and 900.0 MHz respectively, together with a dotted line representing the single tone 
signal 1 1 0 generated by RF LO 28. These signals represent typical GSM signals, thus each signal 99, 1 00 has a GMSK 
spectrum and the channel spacing is 200KHz. According to the present invention, the frequency of the RF LO signal 
110 is chosen such that the wanted signal when down-converted will be centred about a VLIF which is slightly greater 

50 man half the channel spacing, and preferably between 1.1-1.2 times half the channel spacingTThus in Figure 2, the 
"RF LO signal 110 is shown as being at a frequency of 900.085 MHz. This choice of frequency for the RF LO signal 
110 results in the wanted signal 100 being centred about a VLIF of 115 KHz when down-converted by the RF mixer 
stage 50. A particularly preferred choice of the RF LO according to the present invention would be such as to give rise 
to the wanted signal being centred about a VLIF of 115.051 KHz which corresponds to 13 MHz/24 * 435/2048 as this 

55 frequency can be generated by a Multiple Accumulator FRACtional-N Phase Locked Loop (MACC FRAC-N PLL) 
frequency synthesiser. Such a frequency synthesiser is known in the art and is described in, for example, US patent 
No. 5,111,162 ["Digital Frequency Synthesizer having AFC and Modulation Applied to Frequency Divider," Hietala et 
a!.]. 
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[0022] The second frequency spectrum diagram (Figure 2B) of Figure 2 shows the signals 100,99 after having been 
down converted to a VLIF such that the wanted signal 100 is centred about a VLIF of 115 KHz. The negative adjacent 
signal is also down converted to a VLIF centred about -85 KHz (note that we are considering the signals as complex 
signals here which is why it is possible to distinguish between a negative and a positive frequency). Also shown in 

5 Figure 2B is a substantially d.c. signal 120 which is referred to as the IM2 (second order intermodulation) signal. The 
IM2 signal is noise which is generated by a combination of leakage from the RF LO being detected by the aerial 12 
and re-combining in essence with itself at the RF mixer stage 20, and second order non-linearities in the analogue 
mixers 22,24. The effect of filters 33,34. is also shown in Figure 2B by the filter response curve 130. Because filters 
33,34 are real filters, their frequency response is symmetrical about d.c. In order to avoid clipping or distorting the 

10 wanted signal 100, the corner frequency of the filters is set beyond 215 KHz. This results in substantially ail of the 
negative adjacent channel 99 (which does not extend much beyond -185 KHz) being passed by these filters 33,34. 
[0023] Figure 2B also shows some image signals 99*,100* which can be referred to as the negative adjacent signal 
image 99' and the wanted signal image 100\ The negative adjacent signal image 99* is centred around +85KHz while 
the wanted signal image 100' is centred around -115KHz. These image signals result from imbalances between the I 

*5 and Q paths, which result, in turn, from imbalances in the analogue components (most precisely in the frequency 
responses of such components) contained in the different I and Q paths. 

[0024] The final frequency spectrum diagram (Figure 2C) of Figure 2 shows the wanted 100, negative adjacent 99 
and IM2 120, and image 99", 100* signals having been further down-converted by the digital VLIF mixer stage 50 such 
that the wanted signal 1 00 is now at base-band (i.e. centred about d.c.) and is in a digital format. The negative adjacent 

20 signal has been further down-converted and is centred at -200 KHz, while the IM2 signal is located at -115 KHz. The 
fact that the IM2 signal is located 115 KHz away from the centre of the wanted signal is a critical advantage of the 
receiver according to the present invention as it permits this signal to be filtered out by either a low pass filter or a notch 
filter without clipping or distorting the wanted signal 100. Figure 2C also shows the image signals 99\100' which have 
also be down-converted by -115 KHz such that the negative adjacent signal image 99' is now centred about -30 KHz 

25 and the wanted signal image 100' is now centred about -230 KHz. The image signals are also shown as having been 
reduced in magnitude from Figure 2B, as a result of the l,Q balancing of the VLIF mixer stage 50. This l,Q balancing 
is the second function of the VLIF mixer stage 50. In practice, the l,Q balancing of the VLIF mixer stage 50 can only 
be performed substantially perfectly at a particular frequency (or at a few distinct frequencies), however, for the sake 
of clarity and in order to better see where the optimum frequency or frequencies would be, this notchiness effect of the 

30 VLIF mixer stage is not shown in Figures 2c and 3C. Clearly, the wanted signal image 100* is well separated from the 
wanted signal 100 (which does not extend substantially beyond ±100 KHz), and thus it would not be worthwhile max- 
imising the balancing of the VLIF mixer stage at this frequency, however the negative adjacent channel image 99' is 
centred about -30 KHz and will appear in the wanted signal as noise, and thus it might be worthwhile maximising the 
balancing of the VLIF mixer stage at the central frequency of the negative adjacent signal image 99'. 

35 [0025] Referring now to Figure 3, a second example of the signal response of the receiver of Figure 1 will now be 
described, in which wanted signal 100 and a negative alternate signal 98 centred at 900.2 MHz and 899.8 MHz re- 
spectively, are shown arriving at aerial 12 (together with a dotted line representing the single tone signal 110 generated 
by RF LO 28) in place of the wanted 100 and negative adjacent 99 signals. Of course, when operating in a real envi- 
ronment, the wanted signal 100 will be received together with a large number of other signals including both a negative 

40 adjacent and a negative alternate signal; however, for the sake of clarity. Figures 2 and 3 consider only one signal, in 
addition to the wanted signal, at a time. 

[0026] The negative alternate signal 98 is spaced from the wanted signal 100 by 400 KHz (see Figure 3A). The 
negative alternate signal 98 is shown as being much larger than the wanted signal 100 because, according to the GSM 
Specifications, an alternate channel can contain signals whose total power is up to 41 dB greater than that of the wanted 

45 signal 100 as a result of re-use provisions of the cellular structure of a GSM network. 

[0027] From the second frequency spectrum diagram (Figure 3B) of Figure 3, it can be seen that although a large 
part of the down-converted negative alternate signal 98 will be filtered by the filters 33,34 (whose frequency response 
is again shown in Figure 3 by the filter response curve 1 30), the signal power of the remainder of the negative alternate 
signal 98 which is still passed by the filters 33,34 is none-the-less significantly large. The main reason for this is simply 

50 that the negative alternate signal is just so much bigger than the wanted signal that even after its power is reduced by 
the action of the filters it will still be significantly large. Furthermore, since these signals are all Gaussian in terms of 
their signal strength frequency distribution, and since the negative alternate signal is just so large, its components 
outside its allotted channel (i.e. spreading into the negative adjacent channel) will also represent a significant level of 
noise which must be taken into account when designing a receiver. 

55 [0028] From the third frequency spectrum diagram (Figure 3C) of Figure 3, it can be seen that for a reasonable 
amount of imbalance between the I and Q paths of the receiver, and without any balancing being performed by the 
complex balanced multiplier 51 , a relatively large portion of the negative alternate signal image 98' appears in the 
wanted channel after conversion to base-band (note that image signals 98', 100' should really have been included in 
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Figure 3B but have been omitted for the sake of clarity). By comparing Figure 3C with Figure 2C, it is apparent that 
the negative alternate image 98' will potentially present a greater amount of unwanted noise within the wanted channel 
than the negative adjacent signal image 99' will. Furthermore, it is apparent that the two images peak at different 
frequencies (Again, the effect of the balancing of the VLIF mixer stage being effective at only one or a few distinct 
5 frequencies is not shown in Figure 3C). Thus, the complex balanced multiplier should preferably be able to perform 
IQ balancing in such a way as to minimise the effect of at least the negative alternate signal image and ideally both 
the negative alternate and the negative adjacent signal images. 

(0029] Figure 4 shows a first order complex balanced multiplier 500. The complex balanced multiplier 500 comprises 
a quadrature phase generator 510; a Q-path gain adjustment means 520; first, second, third and fourth multipliers 

*o 531,532,533,534; and first and second adder/subtractors 541,542. Quadrature phase generator 510 receives a phase 
signal Osd from the IF LO 52 and a programmable Q-path phase correction p as inputs, and outputs cos(Osd), sin 
(Osd), cos(Osd + P) and sin(Osd + P) signals, which are applied to the second inputs of the first, second, third and 
fourth multipliers 531,532,533,534 respectively; additionally, the first and second multipliers 531,532 have the digital 
!-path signal lin (output from the digital I filter 37 of Figure 1) applied to their first inputs; while the third and fourth 

*5 multipliers 533,534 have the digital Q-path signal Qin (output from the digital Q filter 38 of Figure 1) applied to their 
first inputs. The outputs of the first and fourth multipliers 531 ,534 are applied as inputs to the first adder/subtractor 541 
which outputs a digital baseband I signal lout; while the outputs of the second and third multipliers 532,533 are applied 
as inputs to the second adder/subtractor 542 which outputs a digital baseband Q signal Qout. 
[0030] The effect of the complex balanced multiplier 500 is to generate output I and Q signals lout and Qout from 

20 input signals lin, Qin and Osd, as set out in equation 1 below:- 

U + J Q out = Vin + J A d • f " °/n) ' e+i ° Sd Equation 1 

25 [0031] From Equation 1 , it can be seen that if Qin differs from what it is supposed to be because of relative imbalances 
between the I and Q paths by 1/Ad in gain and -p in phase, then the effect of the complex balanced multiplier 500 is 
to correct the imbalance as desired. Unfortunately, the imbalance between the paths will not be constant over frequency. 
Thus the complex balanced multiplier 500 of Figure 1 is only able to exactly balance the I and Q paths at a single 
frequency. In order to fully describe the imbalance between the paths created by the differences in the analogue com- 

30 ponents contained in these paths, one must consider the imbalances as being caused by a filter having a Finite Impulse 
Response (FIR) given by Equation 2 below:- 



/ x 1 -#o 1 "'Pi -1 1 -ih -2 
H imbatance( z > = J~ ' e + J"" ' e ' z + J~ ' e ' z + - Equation 2 

[0032] Clearly, to counter the effect of such an FIR one needs to provide a filter or equivalent means having the 
response given by Equation 3 below:- 

/ * a +yP o A -1 -/'P 2 -2 

H balanced = A d0 ' 6 + A dl ' e ' z + A d2 ' e ' 2 + - Equation 3 



[0033] From equation 3, it is apparent that the first-order compensation provided by complex balanced multiplier 500 
corresponds to the first term of H balance . In order to provide higher-order compensation or balancing, one could provide 
a dedicated digital filter having an FIR to compensate for the imbalance up to as many orders as desired. However, it 
is preferable to re-use some of the elements of the complex multiplier contained within the digital VLIF mixer stage 50. 
[0034] Figure 5 illustrates a complex balanced multiplier 600 in which some parts are re-used to enable a higher- 
than-first-order FIR to be performed which can compensate for the imbalance between the I and Q paths at more than 
one frequency (note that generally speaking, a second order FIR will be able to compensate the imbalance at 2 specific 
frequencies exactly, while a third order FIR can compensate at 3 specific frequencies, etc.). Specifically, Figure 5 
illustrates a fourth order complex balanced multiplier, however, it will be readily apparent to the reader that the arrange- 
ment may be modified to alter the order of the FIR of the arrangement, the major constraint being the clock speed 
available to the re-used elements compared to the sample frequency of the input I and Q signals. 
[0035] Complex balanced multiplier 600 comprises a Qj n storage register 601 and an associated multiplex means 
602; a quadrature phase generator 610 and a phase correction Pj storage register 611; a Q-path gain adjustment means 
620 and a gain adjustment A Dj storage register 621; first, second, third and fourth multipliers 631,632,633,634; first 
and second adder/subtractors 64 1 ,642; l out and Q out storage registers 651 ,652; and first and second switches 661 ,662. 
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[0036] The operation of complex balanced multiplier 600 is as follows. The I and Q signals input to the complex 
balanced multiplier 600 are in the form of digital sampled values. If one considers the sampled values \ nQ , Q in0 , Q ifv1 
Q in . 2 . Q in . 3 where l in0 and Q in0 are the values of l in and Q in at time t=0, Q^., is the preceding sampled value of Q} n at 
time t=- 7s , Q in _ 2 is the value of Q in at time t=-2 rs , etc., where Ts is the inverse of the sampling frequency f s . Q in storage 

5 601 stores the 3 preceding sample values of Q^, namely Q irv1 Q in _ 2 , Qin-3. The associated multiplex means 602 has 
4 inputs (namely Q, n0 , Q irv1 , Q in _ 2 , Q jn . 3 ) any one of which it can choose to form the output which is passed on to the 
gain adjustment means 620. Gain adjustment means 620 multiplies together the 2 values appearing at its two inputs, 
namely the output from multiplex means 602 and the output from the gain adjustment storage register 621 which 
stores gain adjustment coefficients Aqq, A D1 , A D2 , A 03 . 

w [0037] Quadrature phase generator 610 receives as inputs signals Osd and the output from the phase correction ft 
storage register 611 . The signals output by the quadrature phase generator 610 are cos(Osd) and sin(Osd) which are 
output at a rate of f s and cos(Osd + ft) and sin(Osd + pj) which are output at a rate of 4f s . The signals cos(Osd), sin 
(Osd), cos(Osd + P) and sin(Osd + p) are applied to the second inputs of the first, second, third and fourth multipliers 
631,632,633,634 respectively; additionally, the first and second multipliers 631,632 have the digital l-path signal l in0 

15 (output from the digital I filter 37 of Figure 1) applied to their first inputs; while the third and fourth multipliers 633,634 
have the output of the gain adjustment means 620 applied to their first inputs. The output of the first multiplier 631 is 
applied to a first terminal of the first switch 661; the output of the second multiplier 632 is applied to a first terminal of 
the second switch 662; the output of the third multiplier 633 is applied as an input to the second adder/subtractor 642; 
and the output of the fourth multiplier 634 is applied as an input to the first adder/subtractor 641. The output of the first 

20 adder/subtractor 641 is applied to the l out storage register 651 and the output of the second adder/subtractor 642 is 
applied to the storage register 652. The output of the l ou , storage register 651 forms the lout output of the complex 
balanced multiplier 600 and is additionally fed-back to a second terminal of the first switch 661. The output of the Q> ut 
storage register 652 forms the output of the complex balanced multiplier 600 and is additionally fed-back to a 
second terminal of the second switch 662. First switch 661 acts to connect either its first terminal or its second terminal 

25 to an input to the first adder/subtractor 641. Second switch 662 acts to connect either its first terminal or its second 
terminal to an input of the second adder/subtractor. It will be apparent to the reader that when either switch 661,662 
is connecting the input to the respective adder/subtractor to the second terminal of the switch, that the adder/subtractor 
together with the respective storage register will act as an accumulator with the running total being stored in the re- 
spective storage register. 

30 [0038] Consider now that the desired outputs from the complex balanced multiplier 600 are given by equation 4 
below:- 

'«* *JO M = O ino +yO, no • A Dq ■ e" 10 *JQ^ ■ A D% ■ e* 1 +...+ yO M ■ A Dj ■ tP 3 )/*" (Equation 4) 

35 

[0039] In order to achieve the l out and Q out signals given by this equation, the complex balanced multiplier operates 
four cycles in every sampling period Ts . In the first cycle, the terms lj n o*ei° sd and jQj n o*AD 0 * e '^ 0 * e ' 0sd are calculated. 
To do this, multilplex means 602 selects its first input which receives Qj n0 as its output and gain adjustment storage 
register 621 outputs gain adjustment constant Aq 0 which is then multiplied with Q jn0 at the gain adjustment means 620 

40 to generate Q in o* A DO- A,so phase adjustment storage register 611 outputs p 0 which is used by the quadrature phase 
generator 610 to generate the real (cos) and imaginary (sin) components of ei° sd and ei<P 0+Osd ) respectively. 
[0040] These components are appropriately multiplied with l jn0 and Q in0 in multipliers 631 to 634 and the real and 
imaginary terms are appropriately added together in adder/subtractors 641 and 642 to produce the real and imaginary 
parts of (ti n o + iQinO* A DO* eipo )* ej0sd respectively. These are then stored in the l out and Q out storage registers 651,652 

45 respectively and the first cycle comes to an end. 

[0041] During the second cycle, first and second switches 661,662 are switched into their second state such that 
the output of the storage registers 651,652 are fed back to the first inputs of the adder/subtractors 641,642. Also, 
multiplex means 602 selects its second input which receives Q n-1 from Q in storage register 601 as its output; gain 
adjustment storage register 621 outputs A D1 to gain adjustment means 620; and phase adjustment means 611 outputs 

50 p! to the quadrature phase generator 610 which generates real and imaginary components of eKP 1+0sd > which are 
multiplied with the output of gain adjustment means 620 (i.e. Qj n -i*Aoi) in multipliers 633 and 634 to generate imaginary 
and real components of the term jQ jn _ 1 *A D1 *ei(P 1+0sd ) which are accumulated to the values stored in storage registers 
652 and 651 respectively; the new totals are then restored in registers 652 and 651 ready for the third and fourth cycles. 
[0042] The third and fourth cycles proceed in an analogous way to the second cycle until all of the components 

55 required by Equation 4 have been calculated whereupon signals l out and Q oul become valid; switches 661 and 662 are 
returned to their first positions; and new sample values of l in , Q in and Osd are received at the inputs to the complex 
balanced multiplier 600. 

[0043] It will by now be apparent to the reader that the present invention provides a radio receiver architecture which 
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has all of the advantages of a direct conversion receiver in terms of the lack of an expensive SAW filter and the need 
for a second rf local oscillator, and which is none-the-less able to receive narrow-band (e.g. 200KHz) radio-signals 
having greater than first order modulation (i.e. 2 or more bits per symbol) transmitting symbols at rates of the order of 
20-30 thousand symbols per second (in which the adjacent and alternate channels may contain noise having a signif- 

5 icantly greater magnitude than the magnitude of the wanted signal, in accordance with GSM specifications or similar). 
This is achieved by means of a local oscillator which down-converts the wanted signal to a VLIF centred about a 
frequency which is between 1.1 and 1.2 times half the channel spacing. In order to overcome the additional amount 
of noise placed into the wanted signal channel at base-band from the negative alternate image channel as a result of 
this choice of channel spacing, a balanced complex multiplier is used to perform the IF to base-band down-conversion 

10 which provides enhanced image rejection. Optimally, a second or higher order balanced complex multiplier is used 
which permits substantially perfect image rejection at two or more frequencies which may be pre-programmed to min- 
imise the effects of noise from unwanted image signals. 

[0044] The complex balanced multipliers of Figures 4 and 5 are examples of possible implementations only and 
alternative implementations will be readily apparent to persons skilled in the art. 

15 

Claims 

Apparatus for receiving a carrier signal modulated by a wanted signal, the modulated carrier signal occupying one 
of a plurality of channels whose central frequencies are separated from one another by a fixed frequency referred 
to as the channel spacing, the apparatus including a local oscillator for generating first and second signals at a 
frequency which is not an integral multiple of half the channel spacing whereby when the received carrier signal 
is mixed with the first and second signals, a complex, digital Very Low Intermediate Frequency (VLIF) signal is 
generated in which the wanted signal is centred about a VLIF which is slightly larger than half the channel spacing. 

Apparatus as claimed in claim 1 wherein the VLIF about which the wanted signal is centred is between 10 and 20 
per cent larger than half the channel spacing. — 



Apparatus as claimed in either one of the preceding claims wherein the local oscillator is a fractional-N phase 
locked loop frequency synthesiser. 

Apparatus as claimed in claim 3 wherein the fractional-N phase locked loop frequency synthesiser incorporates 
two or more accumulators. 

Apparatus as claimed in any one of the preceding claims further comprising a complex multiplier for down-con- 
verting the wanted signal from being centred about a VLIF to a base-band signal while substantially removing any 
unwanted image signals. 

Apparatus as claimed in claim 5 wherein the complex multiplier includes adjustment means for adjusting either or 
both of the phase or gain of one of an In-phase and a Quadrature-phase signal relative to the other. 

Apparatus as claimed in claim 6 wherein the adjustment means is first-order adjustment means. 

Apparatus as claimed in claim 6 wherein the adjustment means is second-or-higher-order adjustment means. 

Apparatus as claimed in any one of the preceding claims further including an adc located to receive the complex 
IF signal and to convert it into a digital signal. 

10. Apparatus as claimed in claim 9 wherein the adc is an over-sampled sigma-delta adc. 

50 

11. Apparatus as claimed in any one of the preceding claims wherein the apparatus is formed as an integrated circuit. 
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